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METHOD AND SYSTEM FOR ACTUALLY
IDENTIFYING A MEDIA SOURCE IN A
REAL-TIME-PROTOCOL STREAM

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to telecommunications and
more particularly to real-time protocol (RTP) packet-based
media sessions, such as voice-over-1P sessions for instance.

2. Description of Related Art

Conventionally 1n an RTP media conference, a central con-
terence server will enter into an RTP media session respec-
tively with each of a plurality of client stations. Each client
station may then send to the server an RTP media packet
stream carrying digitally encoded real-time media (such as
voice, audio, and/or video) and/or may receive from the
server an RTP media packet stream carrying digitally
encoded media.

In many cases, only one station will be allowed to have “the
floor” at once, which means that the server will output to the
other station(s) the media provided by only one station at a
time. Various mechanisms of floor control can be used to
govern this process.

Pursuant to Request for Comments (RFC) 1889, published
by the Internet Engineering Task Force 1n January 1996 (en-
titled “RTP: A Transport Protocol for Real-Time Applica-
tions), each packet in an RTP media stream can include an
RTP header that includes certain defined fields, including (1)
a sequence number, which indicates a position of the packetin
the stream, (11) a timestamp, which indicates the instant when
the data 1n the packet was established (sampled), (111) a pay-

oad type, which indicates the format of the media, to enable
a receiving end to play out the media, (iv) a “synchronization
source (SSRC) identifier,” which 1s a randomly generated
code that distinguishes the source from others 1n the session,
and (v) optionally one or more “contributing source (CSRC)
identifiers” indicating the SSRCs of each stream that formed
the basis for the RTP stream.

When a conference server receives an incoming RTP
media stream from a given station 1n a coniference, each
packet of the incoming stream will thus contain a randomly-
generated SSRC that uniquely distinguishes the source of that
media. The conference server may then send the media in an
outgoing RTP media stream to each other participating sta-
tion, and each packet of the outgoing stream would contain a
CSRC correlated with the SSRC 1ndicated 1n the incoming
RTP stream. Each receiving station could thus read the CSRC
in order to distinguish the current media source from other
media sources that may be participating in the conference.

Unfortunately, however, the only function of an SSRC or
CSRC by 1tself 1s to distinguish the current media source from
others, rather than to actually identily the current media
source. For instance, when a station receives an RTP stream,
the station can determine from the SSRC or CSRC that the
media came from a particular source. However, the station
could not tell from the SSRC or CSRC alone what source that
was, since the SSRC 1s simply a randomly generated number
that has no meaning outside the context of the RTP stream.
Thus, even though RFC 1889 describes the SSRC or CSRC as
an “1dentifier,” the SSRC or CSRC does not actually identily
the current media source; at best, 1t only represents the current
media source.

In part to allow a recerving station to determine the actual
identity of a current talker (rather than to just distinguish the
current talker from others), RFC 1889 introduces a control

protocol, called the “RTP Control Protocol” (RTCP). Accord-
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2

ing to RFC 1889, RTCP provides for periodically transmiut-
ting special control packets to the participants of an RTP
session, separate from the RTP stream that the participants are
exchanging (i.e., the RTCP control packets are not them-
selves RTP packets). According to the RFC, each RTCP
packet can contain several “source description” (SDES)
items, which can specily a direct correlation between an
SSRC and a user’s actual name, e-mail address or the like.

Thus, a recerving station can recerve an RTCP packet that
correlates an SSRC with the name of a user who 1s the source
of real-time media, and the recetving station can receive an
RTP media stream in which the RTP header of each packet
indicates that SSRC. By reterence to the correlation specified
by the RTCP packet, the recerving station can thereby deter-
mine the name of the user.

SUMMARY

The use of RTCP or another such out-of-band control sig-
nal to facilitate identitying the current media source in an RTP
session can be undesirable, since 1t forces the receiving sta-
tion to recetve a control stream separately from the media
stream and to match up the control stream with the media
stream. An exemplary embodiment of the present invention
overcomes this problem, by instead (or additionally) setting

forth an actual identification of the current media source 1n an
RTP header within the RTP media stream 1itself.

According to the exemplary embodiment, the actual 1den-
tification could be an ASCII or other portable representation
of the user or station that originated the media, such that the
receiving station could readily present that actual 1dentifica-
tion to a user and the user could understand 1t. Examples of
such actual identifications are (1) the personal name of a user
of the originating station, (11) the e-mail address of the user of
the originating station, (111) the originating station’s phone
number.

In practice, the actual 1dentification will be set forth 1n an
RTP header of at least one of the packets of the RTP stream
being sent between a station and the conference server. By
way of example, the actual 1dentification could be set forth in

an “RTP packet header extension,” which 1s an optional part
of the RTP header defined by RFC 1889,

Thus, for instance, when a station gains the floor and begins
sending media in an RTP stream to the conference server, the
station may 1nclude the actual identification as an RTP header
parameter 1n the first packet of the stream. And when the
server then forwards the media in an outgoing RTP media
stream to each receiving station, the server may include that
actual identification as an RTP header parameter in the first
packet of the outgoing media stream. In turn, each recerving
station can read the actual identification from the RTP header
of the first packet and can present the actual 1dentification to
a user.

Further or alternatively, while a station has the floor, it
could periodically or sporadically send 1ts actual 1dentifica-
tion 1n this same manner, and each receiving station could
thereby receive and present the reiterated 1dentification to a
user. This would allow for the originating station to change
the actual 1dentification mid-stream 11 so desired.

Still further, 1t 1s possible that the server may receive from
a sending station an imcoming RTP packet that contains the
actual identification 1n an RTP header, and the server may
insert that actual identification in the RTP header of a differ-
ent outgoing RTP packet to each recerving station. (The out-
going packet may, for instance, carry a different portion of the
media than the incoming packet.)
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And still further, 11 a sending station does not provide the
actual 1dentification 1n an RTP header, but 1f the conference
server knows or can determine the actual identification, then
the conference server could still insert the actual 1dentifica-
tion into the RTP header of a packet that the conference server
sends to a receiving station. Thus, for instance, 1f the confer-
ence server receives an RTP packet that designates an SSRC
but does not contain an actual identification, and the confer-
ence server receives an RTCP packet that correlates the SSRC
with the personal name of a user of the sending station, then
the conference server can match the RTCP packet with the
RTP packet and thereby determine the personal name of the
sender. In accordance with the exemplary embodiment, the
conference server may then insert that personal name as an
RTP header parameter 1n an RTP packet of the media stream
that 1t sends to each receiving station. Thus, a receiving sta-
tion can then conveniently present the sender’s name to a user,
without having to match the RTP stream up to an RTCP
stream.

These as well as other aspects and advantages will become
apparent to those of ordinary skill 1in the art by reading the
tollowing detailed description, with reference where appro-
priate to the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

An exemplary embodiment of the present mvention 1s
described herein with reference to the drawings, in which:

FIG. 1 1s a block diagram of a communication system in
which the exemplary embodiment can be employed;

FIG. 2 1s an illustration of an RTP packet that could be
conveyed between nodes 1n accordance with the exemplary
embodiment;

FIG. 3 1s an 1llustration of the RTP header structure defined
by RFC 1889;

FIG. 4 1s an illustration of the RTP header extension struc-
ture defined by RFC 1889;

FIG. 5 1s a block diagram of an exemplary conference
server that can be employed 1n the arrangement of FIG. 1;

FIG. 6 1s ablock diagram of an exemplary client station that
can be employed 1n the arrangement of FIG. 1;

FIG. 7 1s a block diagram of a wireless communication
system 1 which the exemplary embodiment can be
employed; and

FIG. 8 1s a flow chart depicting functions that could be
carried out 1n accordance with the exemplary embodiment.

DETAILED DESCRIPTION OF AN EXEMPLARY
EMBODIMENT

1. Example Coniferencing System

Referring to the drawings, FIG. 1 illustrates a simplified
block diagram of a communication system 10 in which an
exemplary embodiment of the present invention can be
employed. System 10 includes at its core a conference server
or other central communication server 12, which 1s arranged
to facilitate communication between a number of user sta-
tions or client stations. FIG. 1 depicts four exemplary client
stations, A, B, C and D. However, server 12 may support
communication between more or fewer client stations at a
time. (Each station, as well as the conference server, can also
be referred to respectively as a “node.”)

In the arrangement shown 1n FIG. 1, the server 12 can
receive real-time media 1n an incoming packet stream from at
least one of the client stations and can send the media 1n an
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outgoing packet stream to each of the other client stations,
thereby facilitating communication between the stations.

In the exemplary embodiment, the incoming and outgoing
packet streams that carry the real-time media will be RTP
streams, each of which will be made up of a sequence of RTP
packets. As 1s well known 1n the art, a sending end may
establish such an RTP stream from an analog media signal by
(1) sampling the media signal to produce a representative bit
stream, (11) encoding the bit stream to produce an encoded bit
stream and (111) packetizing sequential blocks of the encoded
bit stream 1nto respective RTP packets. In turn, a recetving
end may (1) reassemble the sequential blocks of the encoded
bit stream, (11) decode the bit stream to recover the represen-
tative bit stream, and (111) convert the representative bit stream
into an analog signal, and play out the signal to a user.

Generally, each RTP packet will include an RTP header
section 22 and an RTP payload section 24, as depicted in FIG.
2. The RTP payload section will include media payload data
representing a portion of the underlying media signal. And the
RTP header section will include information about the RTP
packet, including (1) a sequence number, (1) a timestamp, (111)
payload format information, and (1v) a code that represents
but does not actually i1dentify the source of the underlying
media. Further, the RTP header may optionally include other
information as well.

An exemplary RTP header may, but need not, take the form
specified in RFC 1889, which 1s illustrated 1n FIGS. 3 and 4.
In particular, according to RFC 1889, each RTP header would
include the following “fixed header fields™ as shown 1n FIG.
3.

(1) A 2-bit VERSION field (*V”), which i1dentifies the

version of RTP.

(2) A 1-bit PADDING field (*P”), which can be set to

indicate that the packet includes one or more additional
padding octets at the end which are not part of the pay-

load.

(3) A 1-bit EXTENSION field (*X””), which can be set to
indicate that the fixed header 1s followed by exactly one
RTP header extension.

(4) A 4-bit CSRC COUNT field (“CC”), which indicates
the number of CSRC identifiers that follow the fixed
header.

(5)A 1-bit MARKER field (*M”), which can be set to mean
that certain parts of the payload, such as frame bound-
aries, are marked.

(6) A 7-bit PAYLOAD TYPE field (“PT”’), which identifies
the format of the RTP payload and determines its inter-

pretation by the recerving application.

(7)A 16-bit SEQUENCE NUMBER, which increments by
one for each RTP packet sent, and which may be used by
the receiver to detect packet loss and to restore packet
sequence.

(8) A 32-bit TIMESTAMP, which reflects the sampling
instant of the first octet in the RTP data packet.

(9) A 32-bit SSRC identifier, which 1s a randomly chosen
code that unmiquely i1dentifies the source of the RTP
stream

(10) A list of O to 15 CSRC 1dentifiers, each 32 bits, and
cach uniquely 1dentifying a contributing source for the
payload contained 1n the packet. CSRC i1dentifiers are
iserted by mixers, using the SSRC 1dentifiers of con-
tributing sources.

Further, according to RFC 1889, an RTP header may then also
include an RTP header extension. More specifically, as shown
in FIG. 4, the RTP header could include the following addi-
tional fields after the CRSC field:
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(11) A 16-bat field that can be used to distinguish the type
ol header extension.

(12) A 16-bit LENGTH field, which indicates the number
of 32-bit words 1n the header extension.

(13) A HEADER EXTENSION field, which RFC 1889
does not define.

(For more details, the reader can refer to RFC 1889, which 1s
hereby incorporated herein by reference.)

As an entity generates an RTP stream, the entity can trans-
mit the stream to another entity through a transport mecha-
nism, such as UDP/IP for instance. In that case, each RTP
packet could be wrapped 1n a respective UDP header and a
respective IP header. Alternatively, multiple RTP packets
could be combined together 1n a single UDP/IP packet, or an
RTP packet could be divided among multiple UDP/IP pack-
ets. Still alternatively, some other transport mechanism could
be used.

As further illustrated in FI1G. 1, stations A, B, C, and D have
respective communication links 14, 16, 18, 20 with server 12.
These links can take various forms and can include wireless
and/or landline components. Further, the links could coincide
with each other 1n part, such as by extending over a common
network for instance.

For example, some or all of the stations could be 3G wire-
less terminals that have assigned mobile-IP addresses on a
packet-switched network, and the server 12 may have an
assigned IP address on the network as well. In that case, an
RTP stream could pass between a station and the server over
a path that comprises a wireless air interface, a radio access
network and the packet-switched network.

As another example, some or all of the stations could be
landline personal computers or Ethernet-telephones, which
could similarly have assigned IP addresses. In that case, an
RTP stream might pass between a station and the server over
a path that comprises a local area network (LAN) or other
access channel and the packet-switched network.

As still another example, some or all of the stations could
be coupled with the server via a circuit-switched connection.
In that case, an RTP stream might pass between a station and
the server over a point-to-point protocol (PPP) or serial line
interface protocol (SLIP) data link, or over some other pro-
tocol. Other examples are possible as well.

Referring next to FIG. 5, a generalized block diagram of a
representative conference server 12 1s shown. As 1llustrated,
exemplary server 12 includes a communication interface 30,
a processor 32, and data storage 34, all tied together via a
system bus or other mechanism 36.

Communication interface 30 provides server 12 with a
physical connection for communicating with stations A, B, C
and D. As such, the communication interface 30 may take
various forms, depending on factors such as the type of links
14, 16, 18, 20 between server 12 and the stations, and the
manner of communication with the stations. For example, if
the stations are all nodes on an IP network, communication
interface 30 might comprise a simple Ethernet network inter-
face module that provides connectivity with that network.
Alternatively, 11 the stations are coupled more directly with
the server, then the communication interface might comprise
discrete ports tied to each of the direct links. Other examples
are possible as well.

Data storage 34 (e.g., volatile and/or non-volatile storage),
in turn, preferably holds machine language 1nstructions (pro-
gram 1nstructions) and/or other logic executable by processor
32 to carry out various functions described herein. (Alterna-
tively or additionally, some such functions could be carried
out by hardware and/or firmware).
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For example, data storage 34 may include logic executable
by the processor to set up and tear down RTP communications
with the various stations. This logic can vary depending on
the type of links and transport mechanism used for commu-
nication. For instance, the logic could be a SIP client appli-
cation, which 1s well known 1n the art. As such, the processor
could recerve a SIP “INVITE” from a station seeking to set up
an RTP session, the processor could respond to the SIP
INVITE with a SIP “200 OK” signaling acceptance of the
request, and the processor could then recerve a SIP “ACK™ to
conclude the setup signaling. Similarly, the processor could
send a SIP INVITE to a station 1n an effort to set up an RTP
session, the processor could receive a SIP 200 OK 1n
response, and the processor could then send a SIP ACK to
conclude the setup signaling. Other signaling protocols could
be used 1nstead.

Further, data storage 34 may include logic executable by
the processor to set up, control, and facilitate a group confer-
ence session. Applying this logic, for example, the processor
may recerve an INVITE from station A, asking to establish an
RTP conference with stations B, C and D. (The INVITE may
specily the type of session desired, such as an RTP with
particular media encoding for instance, using the well known
session description protocol (SDP)). In response, the proces-
sor may send an INVITE respectively to each of stations B, C
and D, seeking to set up an RTP session respectively with
cach of those stations. Uponreceipt of a 200 OK from each of
the invited stations, the processor may then aflirmatively
respond to station A with a 200 OK. And upon receipt of an
ACK from station A, the processor may then send an ACK
respectively to each of stations B, C and D. In this manner, the
server can establish an RTP leg respectively with each of the
conierence participants.

The logic may then also define a floor control mechanism,
which would enable processor 32 to control which of the
participating stations has the floor at any given moment dur-
ing the conierence. Applying this logic, for example, the
processor might grant the floor mitially to the station that
initiates the conference, and the processor may allow that
station to maintain the floor for up to a predetermined time
period or until the station releases the floor by discontinuing
RTP transmission to the server. In turn, the processor could
then grant the floor to the first station to thereafter begin RTP
transmission to the server.

When a station has the floor, processor 32 would receive
media in an incoming RTP stream from the station and would
send the media 1n an outgoing RTP stream to each of the other
participating stations. For example, 11 station A has the floor,
then as the processor receives an RTP stream over TCP/IP
from station A, (1) the processor could read the RTP header
section and RTP payload section from each incoming packet,
(11) the processor could revise the RTP header of each packet
to specily the server 12 as the source (e.g., SSRC) of the
packet and station A as the source of the enclosed media (e.g.,
CSRC), and (111) the processor could then send the revised
RTP packet over TCP/IP to each of the other stations.

Note that the conference server 12 could take other forms
as well. For instance, the conference server function could be
embodied 1n a gateway, proxy or other network entity through
which communications pass between communicating sta-
tions. Thus, as an RTP stream passes through the server, the
server could insert in the stream an actual identification, so
that the recerving station can receive the actual identification
as part of the RTP stream.

Referring next to FIG. 6, a generalized block diagram of a
representative client station 40 1s shown. Client station 40
includes a communication interface 42, a processor 44, data
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storage 46 and a user interface 48, all of which may be tied
together by a system bus or other mechanism 50.

Communication interface 42 provides station 40 with a
physical connection for communicating with server 12. As
such, communication interface 42 may take various forms.
For example, 11 the station 1s a landline station that 1s coupled
by an Ethernet link to a packet-switched network, then the
communication interface 42 might be a simple Ethernet net-
work mterface module. As another example, 11 the station1s a
wireless terminal, then the communication interface might
include an antenna and a chipset arranged to send and recetve
wireless signals according to a designated wireless protocol,

such as CDMA, TDMA, 802.11 or the others.

Data storage 46 (e.g., volatile and/or non-volatile storage),
in turn, contains machine language instructions that are
executable by processor 44 to carry out various functions
described herein. (As with the logic in the server, some of
these functions could alternatively be embodied 1n hardware
and/or firmware).

For example, data storage 46 may include logic executable
by the processor to set up and tear down RTP communications
with server 12. As with server 12, this logic might comprise a
SIP client application. Thus, applying this logic, the proces-
sor may send a SIP INVITE to the server to mitiate an RTP
conference, the processor may receive a SIP 200 OK from the
server, and the processor may send a SIP ACK to the server,
thereby establishing an RTP conference leg with the server.
Similarly, the processor may recetve a SIP INVITE from the
server seeking to establish an RTP conierence leg, the pro-
cessor may respond with a SIP 200 OK, and the processor
may then recetve a SIP ACK, thus completing setup of the
requested RTP leg.

Further, the data storage 46 preferably includes logic to
establish an RTP stream representing a real-time media, and
to recover and play out real-time media from an RTP stream.
Applying this logic, for instance, processor 44 may receive a
digitized media signal from user interface 48 or from data
storage 46 and may produce a representative RTP stream 1n
the manner described above for instance, for transmission to
another entity. Similarly, processor 44 may receive an RTP
stream from another entity and may recover and play out the
underlying media, also in the manner described above.

User interface 48, 1n turn, preferably functions to interface
with a user of the client station, so as to allow the user to
engage 1n real-time media communication with a user of
another station. Thus, for instance, user interface 48 may
include media input components such as a video camera and
a microphone, as well as associated technology to digitize
media received through these components. Similarly, user
interface 48 may include media output components such as a
display screen and a loudspeaker, as well as associated tech-
nology to convert digital media representations to analog
form for presentation through these components.

In the exemplary embodiment, the user intertace 48 will
further include a floor-control mechanism, such as a button or
other trigger that a user can engage in order to 1nitiate a
conference and/or to request the floor 1n an existing confer-
ence. User invocation of the floor-control mechanism prefer-
ably sends an interrupt to processor 44 or otherwise causes
processor 44 to mitiate a conference and to begin generating,
and sending an RTP stream to server 12 or, 1f a conference 1s
already underway, to begin generating and sending an RTP
stream to server 12. In the exemplary embodiment, processor
44 would not begin sending an RTP stream to server 12 if
processor 44 1s already receiving an RTP stream from server
12, 1.e., if another station already has the tloor.
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The arrangement shown 1n FIG. 1 1s generally representa-
tive of a conferencing system in which the exemplary
embodiment can be employed. A more specific example 1s
now shown in FIG. 7.

FIG. 7 depicts a wireless communication system, in which
stations A, B, C and D are each 3G wireless handsets having
the ability to mvoke and participate in an RTP conference as
described above. In the arrangement of FIG. 7, by way of
example, stations A and B are served by a common radio
access network 52, and stations C and D are served by another
radio access network 34. Each radio access network 1s then
coupled via a respective packet data serving node (PDSN) 56,
58 to a common packet-switched network 60, which could be
a private network operated by a wireless carrier that serves
stations A, B, C and D. And sitting on the packet-switched
network 1s a conference server 62.

Conventionally, each wireless handset could have an
assigned mobile device number (MDN), which could func-
tion as a phone number of the device and/or as a device
identifier generally. Typically, the MDN would be pro-
grammed 1nto the device, and the wireless carrier would
maintain a record of the MDN together with service informa-
tion for the given handset. When the handset sends packet
data into network 60, the packet data might carry the MDN of
the handset, which can indicate that the packet data originated
from the given handset.

Each such wireless handset might include an instant-chat
button that a user can engage 1n order to initiate an mstant-
chat session. In response to the user engaging the button, the
handset may send a SIP INVITE via the radio access network
and PDSN to the server 62, requesting a group conierence
session. Server 62 may then refer to a group data store (not
shown) to 1dentily members of the initiating user’s group, and
server 62 may engage in SIP signaling to set up RTP legs with
cach member and with the initiating user.

With the conference set up, the initiating handset may then
receive media such as voice from the user and send the media
in an RTP stream to server 62, and the server may forward that
media in an outgoing RTP stream to each other handset. When
the imtiating user stops talking, server 62 may then grant the
tfloor to the next handset that begins sending media 1n an RTP
stream to the server, and the server may forward that media to
cach other handset.

2. Passing Actual Identification in RTP Header

In accordance with the exemplary embodiment, an actual
identification of the user or station that has the floor will be
carried 1n an RTP header that 1s passed between a station and
the conference server. The actual identification can thus flow
in an RTP header from a station to the server and/or from the
server to a station.

For example, the station that has the floor can insert the
actual identification into an RTP header within an RTP stream
that i1t passes to the server, and the server can forward that
actual i1dentification mn an RTP header within an outgoing
RTP stream. As another example, the server could otherwise
learn the actual 1dentity of the user or station that has the floor
(such as by using RTCP, for mnstance) and could insert the
actual i1dentification into an RTP header within an outgoing
RTP stream. And as still another example, a recerving station
could recetve an RTP stream, could read the actual 1dentifi-
cation from an RTP header and could present the actual 1den-
tification to a user.

FIG. 8 1s a flow chart depicting a general example of this
process. As shown in FI1G. 8, atblock 70, a first node generates
an RTP stream carrying real-time media and inserts an actual
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identification into an RTP header within the stream. At block
72 (preferably as the first node generates the RTP stream) the
first node sends the RTP stream, including the actual ident-
fication 1n the RTP header, to a second node. At block 74, the

second node receives the RTP stream and reads the actual

identification from the RTP header. And at block 76, the
second node presents the actual identification to a user while
the second node 1s playing out the real-time media to the user.

a. Actual Identification

The actual 1dentification of the user or station that has the
tfloor 1s preferably an identification that 1s human-understand-
able, rather than being a randomly generated number such as
an SSRC that has no meaning to a human. As further noted
above 1n part, examples of such actual 1dentifications are (1)
the personal name (full name, nickname, screen-name, etc.)
of a user of the station that has the floor, (11) the e-mail address
of the user or of the station, and (111) a phone number of the
user or ol the station. However, other examples are possible as
well.

b. Preferred Format and Placement

The actual 1dentification could be set forth anywhere 1n the
RTP header. For instance, the actual 1dentification can be set
forth 1n a header extension of an RTP header. According to
RFC 1889, the “X” bit of the RTP header would then be set to
indicate the inclusion of the header extension. A receiving
entity (such as the server or a client station) that detects the X
bit set can then read the actual identification from the header
extension.

As noted above, the actual 1dentification can be inserted
into the RTP header as a text representation of the actual
identification. In this regard, the actual identification could be
inserted as a sequence of ASCII codes, each of which repre-
sents a given text character (e.g., letter, number or other
symbol). The process of producing text from a sequence of
ASCII codes 1s a basic computing function. Therefore, for all
practical purposes, the process of inserting a sequence of
ASCII codes 1s an example of the process of inserting the
corresponding text string.

Preferably, actual identification will be included 1n the first
RTP packet of a given RTP stream, that 1s, in the first RTP
packet that a station sends once a station gains the floor.
Further, the actual 1dentification could be included periodi-
cally thereafter (such as every 4 seconds) or sporadically. At
an extreme, the actual identification could be included in
every RTP packet of a stream, but doing so could unneces-
sarily use processing resources and communication band-
width.

It 15 also possible that the actual 1identification information
could be set forth 1n a combination of RTP headers. For
instance, half of the identification may be set forth in the RTP
header of one RTP packet, and the other half of the 1dentifi-
cation may be set forth in the RTP header of a next RTP
packet. Further, the actual identification could be encoded,
although the endpoint that will ultimately present the actual
identification to a user should then preferably be able to
decode the 1dentification so as to be able to present 1t.

A exemplary header extension that can be used to convey
the actual identification of the user or station that has the floor,
within the wireless commumnication system of FIG. 7 for
instance, includes the following fields:

(1) A 16-bit HEADER-EXTENSION TYPE field, which
identifies this type of header extension as an actual 1den-
tification.

(2) A 16-bit LENGTH field, which indicates the number of
32-bit words 1n the header extension.

(3) An 8-bit ENTRY-LENGTH field, which indicates the
total bytes 1n the entry, including the ENTRY-LENGTH
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field. This value is preferably a multiple of four, since the
TEXT field noted below 1s preferably padded to an even
quadword.

(4) An 8-bit MDN-LENGTH, which indicates the number
of significant digits that compose the MDN 1n the next
field.

(5) An MDN field, which indicates the wireless handset’s
mobile device number (e.g., phone number), encoded as
binary coded decimal. The MDN may then be used as an
index for subsequent speaker 1dentification.

(6) An 8-bi1t ID-TYPE field, which i1dentifies how the iden-

tifying text should be interpreted. Example values for
this field include:

(1) SPKRID_DISPLAY, which indicates that the 1denti-
tying text should be displayed on client devices when-
ever this CSRC 1s speaking.

(11) SPKRID_GROUP, which indicates that the 1denti-

fying text 1s associated with a group being called.

(11) SPKRID_EMAIL, which indicates that the 1denti-
fying text 1s the e-mail contact information for the
conierence participant.

(7) A vaniable length TEX'T field, which contains the actual
identification of the speaker. This field 1s terminated by
one or more NULL (zero) bytes. The header extension
may contain zero or more text entries, each with an
ID-TYPE and null-terminated TEX'T. The final TEXT
entry should be padded so that the next byte 1s aligned to

begin a quadword.

c. Implementation on a Client Station

The exemplary embodiment can be implemented at least in
part on a client station, such as station A, B, C or D, by adding
additional logic 1n data storage 46 to be executed by processor
44, or by adding logic to the station in some other form such
as firmware or hardware for instance. Applying this logic,
processor 44 can isert an actual identification 1 an RTP
header within an RTP stream that it outputs, and/or processor
44 can read an actual identification from an RTP header
within an RTP stream that it recerves and can present the
actual identification to a user.

In order to be able to 1sert an actual identification into an
RTP header, processor 44 should first learn what 1dentifica-
tion to 1msert. The processor could learn the actual identifica-
tion from user-input, from predefined data storage, or in some
other way. For instance, the user might invoke a setup appli-
cation on the station through which the user could specity an
actual identification to be used, and the processor could store
that actual identification for later use. Alternatively, the sta-
tion might otherwise be programmed 1n advance with the
actual identification, such as a phone number or e-mail
address of the station.

In turn, when processor 44 then generates and outputs an
RTP stream, the processor may include the actual 1dentifica-
tion in at least one RTP header within the stream in the
manner noted above.

Further, when the processor 44 recetves an RTP stream, the
processor may detect that the “X” bit 1n the RTP header 1s set
and may then determine from the header extension type field
in the header extension that the RTP header includes actual
identification information. The processor may then read the
ID-TYPE value and TEXT value from the header extension
and responsively present the TEXT value to a user, via user
interface 48 (e.g., on a display screen). Preferably, the receiv-
ing user will thus see the actual 1dentification of the user or
station that has the floor, at the same time as the receiving
station plays out the media from the RTP stream.

d. Implementation on the Server
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The exemplary embodiment can also be implemented, at
least 1n part, on a conference server, such as server 12 (e.g.,
server 62), by adding additional logic in data storage 34 to be
executed by processor 32, or by adding logic to the server in
some other form such as firmware or hardware for instance.
Applying this logic, the processor could determine the actual
identification of the user or station that has the floor, and the
processor could then msert that actual 1dentification into an
RTP header within an outgoing RTP stream.

Processor 32 could determine the actual 1dentification of
the user or station that currently has the floor 1n various ways.
For example, the processor could receive the actual identifi-
cation in an RTP header within an incoming RTP stream, and
the processor could read that actual 1dentification. As another
example, the processor could read the SSRC from the RTP
header within an mmcoming RTP stream, and the processor
could receive an RTCP packet that correlates that SSRC with
the actual identification. As still another example, the proces-
sor could have access to data that correlates another sort of
user or station 1dentifier (e.g., IP address, SIP address, NAI,
etc.) with actual identification information, and, 1f the incom-
ing RTP stream specifies or 1s accompanied by the 1dentifier,
the processor could thus translate the i1dentifier into actual
identification information. Other examples are also possible.

(Given the actual identification of the user or station that has
the tloor, the processor may then insert that actual identifica-
tion into an RTP header within an outgoing RTP stream 1n the
manner noted above. In this regard, if the processor reads the
actual identification from the RTP header of a given incoming
RTP packet (carrying given media payload), the processor
could 1nsert the actual identification into the RTP header of a
corresponding outgoing packet (carrying the same media
payload). Alternatively, the processor could read the actual
identification from a given incoming RTP packet and could
insert the actual identification into the RTP header of any
other outgoing RTP packet in the stream.

Further, the processor could change the actual 1dentifica-
tion from one actual identification to another before inserting
the actual 1dentification into an RTP header. For instance, the
processor could receive 1in an incoming RTP header the per-
sonal name of the user who currently has the floor, and, by
reference to a group data table, the processor could expand
that actual identification to specity both the user’s name and
the station’s phone number, or both the user’s name and the
user’s group name. The processor could then msert into the
outgoing RTP header the modified actual identification.
Other examples are possible as well.

In the exemplary embodiment, the processor could also
receive a signal from the station that has the floor, indicating,
how often the station will be sending actual identification
information. The station could send such a signal within a SIP
INVITE to the server, for instance. With knowledge of how
often the sending station will be sending actual identification
information, the server can then etficiently look for the infor-
mation that often.

3. Acknowledgement of Actual Identification

In accordance with the exemplary embodiment, when a
sending node sends an actual identification to a receiving
node, the receiving node can acknowledge receipt of the
actual identification. For example, the recerving node can
send an RTP packet to the sending node, including in an RTP
header of the packet a predefined acknowledgment code of
some sort. Alternatively, the receiving node could send an
acknowledgment in some other way.
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Further 1n accordance with the exemplary embodiment, the
sending node could be arranged to continuously include the
actual 1dentification 1n sequential packets of the sequence
(e.g., 1n every packet, or i every nth packet) and to stop
including the actual i1dentification upon receipt of the
acknowledgement from the receiving node.

4. CONCLUSION

An exemplary embodiment of the present invention has
been described above. Those skilled 1n the art will under-
stand, however, that changes and modifications may be made
to this embodiment without departing from the true scope and
spirit of the present invention, which 1s defined by the claims.

For example, although the foregoing discussion 1s focused
on providing an actual identification in an RTP header within
an RTP stream being sent between a client station and a
server, the exemplary embodiment could be applied more
generally when two client stations are communicating
directly with each other. For instance, when one client station
sends an RTP stream to another client station, the sending
station could include within an RTP header an actual 1denti-
fication of the sending station or of a user of the sending
station. The receiving station can then read and present that
actual identification to a user of the receiving station.

Other examples are possible as well.

I claim:

1. In a transmission system of the type 1n which a sending
node sends a dlgltal representation of real-time media to a
receiving node 1n a sequence of Real Time Protocol (RTP)
packets, wherein each RTP packetincludes (a) a portion of the
digital representation and (b) an RTP header containing infor-
mation about the RTP packet including (1) a sequence num-
ber, (11) a timestamp, (111) payload format information, and
(1v) a code that represents but does not actually identify a
source of the real-time media, a method comprising:

the sending node including in the RTP header of at least one

packet of the sequence of RTP packets an actual 1denti-
fication of the source of the real-time media;

the sending node transmitting the at least one packet,

including the actual identification 1n the RTP header, to
the recerving node; and

the recerving node acknowledging receipt of the actual

identification.

2. The method of claim 1, wherein the source of the real-
time media 1s selected from the group consisting of the send-
ing node and a user of the sending node.

3. The method of claim 1, wherein the sending node 1s a
conference server, wherein the conference server receives the
real-time media from a client station, and wherein the source
ol the real-time media 1s selected from the group consisting of
the client station and a user of the client station.

4. The method of claim 1, wherein the sending node 1s a
first client station, and the receiving node 1s a conference
SErver.

5. The method of claim 1, wherein the sending node 1s a
client station and the recerving node 1s a client station.

6. The method of claim 1, wherein the actual identification
of the source comprises a text representation of the source.

7. The method of claim 6, wherein the text representation
comprises a text indication of a value selected from the group
consisting of (1) a personal name, (11) an e-mail address and
(111) a phone number.

8. The method of claam 1, wherein each RTP header
includes a set of fixed header fields, and wherein including 1n
the RTP header of at least one packet of the sequence of RTP

packets stream an actual identification of the source of the
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real-time media comprises including the actual 1dentification
in an RTP header extension after the set of fixed header fields.

9. The method of claim 1, wherein the sequence of RTP
packets includes a first packet, and wherein including in the
RTP header of at least one packet of the RTP stream an actual
identification of the source of the real-time media comprises:

including the actual identification in the RTP header of the

first packet of the sequence of RTP packets.

10. The method of claim 1, wherein including 1n the RTP
header of at least one packet of the sequence of RTP packets
stream an actual identification comprises:

including the actual identification in RTP headers periodi-

cally throughout the sequence of RTP packets.

11. The method of claim 1, wherein acknowledging receipt
ol the actual identification comprises:

sending to the sending node an RTP packet that includes an

acknowledgement 1n an RTP header.

12. The method of claim 1, further comprising the sending
node including the actual identification 1n sequential packets
of the RTP sequence until the sending node receives the
acknowledgement.

13. The method of claim 1, wherein the real-time media 1s
selected from the group consisting of voice, audio and video.

14. In a conference server of the type that receives real-time
media 1n an incoming Real Time Protocol (RTP) stream from
a sending station and forwards the real-time media 1n an
outgoing RTP stream to at least one receiving station, wherein
cach RTP stream comprises a sequence of packets each car-
rying a digital representation of a portion of the real-time
media and each having an RTP header that includes (1) a
sequence number, (11) a timestamp (111) payload format infor-
mation, and (1v) a synchronization source 1dentifier code, a
method comprising:

determining an actual identification of a source of the real-

time media, wherein determining the actual 1dentifica-
tion of the source comprises (a) reading the synchroni-
zation source 1dentifier code from an RTP header of an
RTP packet of the incoming RTP stream and (b) deter-
mining the actual 1dentification based on the synchroni-
zation source 1dentifier code, wherein determining the
actual 1dentification based on the synchromization
source 1dentifier code comprises (1) recetving a control
packet that 1s not part of the incoming RTP stream and
that specifies a correlation between the synchronization

5

10

15

20

25

30

35

40

14

source 1dentifier code and the actual 1dentification, and
(11) using the correlation specified by the control packet
to determine the actual identification based on the syn-
chronization source 1dentifier code; and

inserting the actual identification into an RTP header of at

least one RTP packet of the outgoing RTP stream.

15. The method of claim 14, wherein the actual 1dentifica-
tion comprises a value selected from the group consisting of
(1) a personal name of a user of the sending station, (11) an
e¢-mail address of the user of the sending station and (111) a
phone number of the sending station.

16. The method of claim 14, wherein determining the
actual identification of the source comprises:

recerving the actual 1dentification 1n an RTP header of an

RTP packet of the incoming RTP stream.

17. In a conference server of the type that receives real-time
media 1in an 1incoming Real Time Protocol (RTP) stream from
a sending station and forwards the real-time media 1n an
outgoing RTP stream to at least one recerving station, wherein
cach RTP stream comprises a sequence of packets each car-
rying a digital representation of a portion of the real-time
media and each having an RTP header that includes (1) a
sequence number, (11) a timestamp (111) payload format infor-
mation, and (1v) a synchronization source i1dentifier code, a
method comprising:

determiming an actual identification of a source of the real-

time media, wherein determining the actual 1dentifica-
tion of the source comprises (a) reading the synchroni-
zation source 1dentifier code from an RTP header of an
RTP packet of the incoming RTP stream and (b) deter-
mining the actual identification based on the synchroni-
zation source 1dentifier code; and

inserting the actual identification into an RTP header of at

least one RTP packet of the outgoing RIP stream,
wherein each RTP header includes a set of fixed header
fields, and wherein inserting the actual i1dentification
into an RTP header of at least one RTP packet of the
outgoing RTP stream comprises inserting the actual
identification in an RTP header extension after the set of
fixed header fields.

18. The method of claim 14, wherein the real-time media 1s
selected from the group consisting of voice, audio and video.
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